DYNAMIC MEASUREMENT OF HEAD MEDIA SPACING MODULATION 
CROSS-REFERENCE TO RELATED APPLICATION(S) 
None. 

BACKGROUND OF THE INVENTION 
5 The present invention relates to magnetic data storage and retrieval 

systems. In particular, the present invention relates to measuring head media 
spacing modulation. 

As areal density of magnetic data storage systems continues to 
increase, it is critical to maintain a controlled spacing between the magnetic 

10 recording head and the recording media. The head media spacing modulation is a 
measure of the displacement of the head relative to the media and is an important 
aspect of the fly condition of a slider. Head media spacing modulation is often 
caused by media waviness, disc clamping distortion, write current induced pole tip 
protrusion, micro-actuator induced modulation, as well as other factors. 

15 Often, it is desired to measure head media spacing to detect, for 

example, where there is a wave or defect in the media. One such indirect 
measurement is with the use of a laser doppler vibrometer (LDV). A LDV is 
mounted on the slider of a disc drive and it measures the slider motion on the 
backside of a slider. The process essentially first measures head media spacing 

20 modulation and disc motion in a vertical direction while the slider is flying at a 
normal height, and then second, measures the disc vertical motion without flying 
the slider. The difference between the two measurements is the head media spacing 
modulation. This indirect measurement cannot measure the actual spacing 
modulation at the pole tip and cannot measure the spacing change induced by write 

25 current. 

Another technique used to measure head media spacing modulation 
is with use of a harmonic ratio. Such a technique to measure head media clearance 
is described in U.S. Patent No. 4,777,544, which is incorporated by reference 
herein. With use of that disclosed method, the harmonic ratio of the readback 
30 signal is measured at normal fly height. The slider and head are then lowered to 



2 

near contact by lowering disc speed, and the harmonic ratio is measured again at 
near contact. The head media clearance is then calculated at a discrete locations 
based on the two harmonic ratio measurements. This static measurement of head 
media spacing can give a good measurement of the distance of the head to the 
5 media at any particular specified location. 

An improved technique for measuring head media modulation is 

desired. 

BRIEF SUMMARY OF THE INVENTION 
The present invention is a novel method and apparatus for 
1 0 determining head media modulation in a magnetic data storage and retrieval system. 
The magnetic data storage and retrieval system includes a magnetic disc with a 
stored signal and a transducing head for reading a readback signal based on the 
stored data. The system includes a data acquisition and processing circuit. The 
processing circuit forms sampling intervals and calculates a harmonic ratio for the 
1 5 sampling intervals. The processing circuit generates a dynamic harmonic ratio for 
the readback signal using the harmonic ratio calculations. The processing circuit 
also generates a head media modulation signal as a function of time from the 
dynamic harmonic ratio. 

BRIEF DESCRIPTION OF THE DRAWINGS 
20 FIG. 1 is a diagram of a disc drive. 

FIGS. 2 is a block diagram representation of signals processed in 
accordance with the present invention. 

FIGS. 3-8 are representative signals processed in accordance of the 
present invention. 
25 DETAILED DESCRIPTION 

The present invention is particularly contemplated for use in a 
magnetic data storage and retrievable system such as disc drive 10 exemplified in 
FIG. 1 . Disc drive 1 0 includes at least one magnetic disc 1 2, actuator arm 1 4, slider 



16, transducing head 20, and data acquisition and processing system 22. Magnetic 
disc 12 is mounted on a drive spindle (not shown) and during use of disc drive 10 
the drive spindle rotates disc 12 about axis 1 8 in the direction of the arrow shown 
in FIG. 2. As disc 12 rotates about axis 18, the aerodynamic properties of slider 16 
5 cause it to "fiy above the surface of disc 12. Slider 16 is supported on a thin 
cushion of air between the surface of disc 12 and the air bearing surface of slider 
16. Multiple discs and sliders may also be used in accordance with the present 
invention, but for simplicity a single structure is described. 

A signal is stored on magnetic disc 12 as a plurality of magnetic 

10 transitions. As transducing head 20 passes over the recorded signal, a readback 
signal is generated and sent to data acquisition and processing system 22. Data 
acquisition and processing system (DAPS) 22 then digitizes and stores the readback 
waveform. DAPS 22 can be a general purpose data acquisition system used in 
combination with an extemal PC. Other similar dedicated hardware configurations 

1 5 could be used to process the data in accordance with the present invention. 

The readback signal contains a fundamental frequency and higher 
harmonics. The ratio of the harmonic components is sensitive to head media 
spacing but less sensitive to environmental effects. According to Wallace Spacing 
Loss Model, the ratio of the third and the first harmonics are related to head media 

20 spacing by the following equation: 

HR = Ce'^^^'^^i^ EQUATION 1 

where HR is harmonic ratio, C is a constant, X, is the fundamental wavelength and 
d is head media spacing. Accordingly, head media spacing modulation can be 
calculated by calculating the ratio of the instantaneous amplitude of the 

25 fundamental fi-equency of the readback signal to the instantaneous amplitude of one 
of the harmonic fequencies of the readback signal. Head media spacing modulation 
is defined by: 

5d = (-X,/47c)5Ln(HR) EQUATION 2 
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DAPS 22 comprises a high speed and large memory that is used to digitize 
the waveform of the readback signal. The entire signal is digitized for a period of 
time of interest, or a segment of disc 12 of interest. The readback signal may be 
recorded over an entire revolution of magnetic disc 12, over multiple revolutions, 
5 or over segments that are less than an entire revolution. 

FIG. 2 shows a block diagram of data processed with disc drive 10 in 
accordance with the present invention. As previously described, transducing head 
20 passes over the magnetic media 12 reading the signal stored therein and the 
readback signal is sent to DAPS 22. Block 30 illustrates that DAPS 22 collects the 

10 readback signal and digitized the collected data. The readback signal is an 
alternating signal that includes a fundamental frequency and higher harmonics. The 
magnetic pattern on the media may contain a variety of patterns that include high 
harmonics such as single or triple harmonic patterns. The digitized data may then 
be stored or processed, as indicated in block 32. 

15 Once the readback waveform is digitized, the data is processed according 

to a selected sampling interval. The frequency spectrum of the readback signal over 
the selected sampling interval is calculated as depicted in block 34. The frequency 
spectrum and higher harmonics are calculated using fast Fourier transforms. This 
frequency calculation typically includes a determination of the instantaneous 

20 amplitude of the fundamental and harmonic frequencies of the readback signal over 
the sampling interval, as shown in block 36. 

DAPS 22 then calculates the harmonic ratio by dividing the instantaneous 
ampUtude of the fundamental frequency of the readback signal by the instantaneous 
amplitude of one of the harmonic frequencies of the readback signal, as indicated 

25 in block 38. By repeating these calculations for each sampling interval of the 
readback signal and plotting them as a function of time, a dynamic harmonic ratio 
for the readback signal is generated as indicated in block 40. Finally, by using 



Equation 2 above, the dynamic harmonic ratio can be used to calculate the head 
media modulation as a function of time, as indicated in block 42. 

DAPS 22 processes data in accordance with the process described in FIG. 
2, and DAPS 22 can be a general purpose data acquisition system used in 
5 combination with an external PC, or other electrical circuitry configured to do the 
same. This circuitry can be analog, digital or a combination thereof. 

FIGS. 3A-3D shows an example of signals processed according to the 
present invention. FIG, 3 A shows a readback waveform over 1,100 microseconds. 
In one illustrated embodiment, the readback signal is digitized over a 1,100 
10 microsecond time period with a sample rate of IGHz. Because of the relatively 
high frequency of the readback signal over the sampled time period and the 
relatively high sample rate used, over a million data points are digitized and 
processed. 

FIG. 3B illustrates a zoomed-in portion of the readback waveform for a 
15 single microsecond. The amplitude and readback signal is more readable in the 
zoomed-in format. In accordance with the present invention, the zoomed-in portion 
of the readback signal represents a sampling interval of the readback signal, which 
in this case is one microsecond. Using the IGHz sample rate for the readback 
signal produces 1000 data points for the selected sampling interval. These data 
20 points are then used to calculate the frequency spectrum for the sampling interval. 
Specifically, the frequency spectrum is derived from the digitized data for the 
sampling interval of the readback signal. This may be accomplished by a fast 
Fotuier transform, discrete Fourier transform, or any similar processing technique. 
FIG. 3C shows the calculated frequency spectrum of the readback signal for the 
25 sampling interval after application of such technique. 

Next, data acquisition and processing system 22 calculates the harmonic 
ratio for the selected sampling interval by dividing the amplitude of the third 
harmonic frequency of the readback signal by the amplitude of the ftindamental 
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frequency of the readback signal. The calculated harmonic ratio for that samphng 
interval is then plotted as a single point on the dynamic harmonic ratio illustrated 
in FIG. 3D. In one embodiment, the sampling interval is one microsecond, so the 
calculated harmonic ratio for that sampling interval is a single point of the dynamic 
5 harmonic ratio plotted in FIG. 3D. The process of selecting a sample interval of a 
single microsecond, calculating the frequency spectrum for that sampling interval, 
calculating the harmonic ratio for that sampling interval, is repeated to produce 
multiple harmonic ratios. These multiple harmonic ratios are then plotted as a 
function of time to form the dynamic harmonic ratio for the readback signal. In 
10 FIG. 3D over 1,000 of these calculations are illustrated. The dynamic harmonic 
ratio is a compilation of the multiple calculated harmonic ratios plotted as a 
function of time. 

In the present example, the harmonic ratio for the selected sampling interval 
was calculated by dividing the amplitude of the third harmonic frequency of the 

15 readback signal by the amplitude of the fundamental frequency of the readback 
signal. Any number of different harmonics and the fundamental frequency can also 
be used, to calculate the harmonic ratio and compile the dynamic harmonic ratio. 

In forming the dynamic harmonic ratio, the sampling interval selected must 
be a small enough increment of time such that there is sufficient resolution to the 

20 dynamic harmonic ratio for the selected readback waveform in order to determine 
the frequency spectrum of the dynamic harmonic ratio. For example, in FIG. 3 the 
readback waveform selected is 1,100 microseconds, the sampling interval is one 
microsecond, giving sufficient resolution to the dynamic harmonic ratio over 1 , 1 00 
microseconds. In this way, the frequency spectrum of the dynamic harmonic ratio 

25 may be calculated. 

FIGS. 4A-4C show the calculation of the dynamic harmonic ratio and 
frequency spectrum thereof for one embodiment of the present invention. FIG. 4A 
shows a readback signal waveform over a 250 microsecond time period. Using a 



sampling interval of one half microsecond, the frequency spectrum of the readback 
signal for that sampling interval is calculated (individual calculations of the 
frequency spectrum not shown in FIGS. 4A-4C) to generate individual data points 
for a dynamic harmonic ratio. The process was then repeated 500 times to generate 
5 the dynamic harmonic ratio as a function of time as shown in FIG. 4B. Once the 
dynamic harmonic ratio as a fiinction of time is generated, the frequency spectrum 
for the dynamic harmonic ratio can be calculated, again by using fast Fourier 
transforms or a similar technique. The frequency spectrum of the dynamic 
harmonic ratio is shovm in FIG. 4C. As shown in FIG. 4C, the modulation 

10 frequency of the dynamic harmonic ratio is approximately 200 KHz. That 
modulation frequency can then be used to filter the dynamic harmonic ratio such 
that noise not attributable to head modulation can be eliminated from the dynamic 
harmonic ratio signal. 

The calculated dynamic harmonic ratio can be converted to head media 

15 modulation with Equation 2 described above. For example, FIG. 4A shows a 
simulated readback signal containing 200 KHz 0.04 micro inch peak-to-peak sine 
wave modulation. The readback signal also contains noise with noise amplitude 
equal to 20 percent of the ftindamental amplitude of the readback signal. The 
measured dynamic harmonic ratio oscillates with modulation as shown in FIG. 4B. 

20 The spectrum of the harmonic ratio shows the modulation frequency at 200 KHz 
(FIG. 4C). The dynamic harmonic ratio is then converted to head media 
modulation as a fimction of time with Equation 2 above. The result of this 
conversion is shovra in FIG. 5A. Since modulation is usually a narrow band signal, 
it can be filtered to reduce noise. As shown in FIG. 5B the filtered modulation is 

25 close to a sine wave and has a peak-to-peak amplitude of about 0.038 micro inches 
which is very close to the original simulated modulation in the readback signal. 

Given the relatively small-sized amplitude of the dynamic harmonic ratio, 
filtering out noise is especially important. Often, signal amplitude due to noise can 



be larger in amplitude than the actual modulation signal. Identification of the 
modulation frequency allows the modulation signal to be isolated from any 
modulation due to noise or other affects. In this way, the actual head modulation 
as a function of time can be analyzed over a particular time period of interest. 
5 In calculating the instantaneous peak amplitude in the frequency spectrum 

of a sampling interval of the readback signal, limitations on signal length and 
frequency resolution affect the accuracy of the captured signals. Consequently, the 
true harmonic amplitude does not necessarily fall on the sampled points in the 
spectrum. For example, in FIG. 6 a single instantaneous peak of sample points of 

10 a frequency spectrum of a sampling interval of a readback signal is shown. The 
sample points are illustrated in the figure. As is evident, the instantaneous peak 
amplitude does not coincide with any one of the sample points. Thus, use of only 
the sample points in calculating the harmonic ratio will result in error. In order to 
eliminate this error, a least square curve fitting method is used to find the accurate 

15 harmonic amplitude with the sample spectrum data. In this way, the true 
instantaneous peak amplitude of the harmonic signal is used for both harmonic 
frequencies in order to obtain an accxu"ate harmonic ratio. This technique can be 
used for each of the data points of the dynamic harmonic ratio as shown in FIG. 3D 
The measurement of head media modulation in accordance with the present 

20 invention has many advantages. By calculating dynamic harmonic ratio and head 
media modulation while introducing lateral head micro-actuation, the affect of the 
lateral head micro-actuation can be measured. Micro-actuation induced modulation 
typically has lower frequency and larger amplitude and this makes the measurement 
more accurate than high frequency low amplitude air bearing modulation. FIG. 7 A 

25 shows the modulation induced by micro-actuation. The simulated readback signal 
contains lOKHz 0.1 micro inch peak-to-peak modulation. The measured dynamic 
harmonic ratio oscillates with modulation as shown in FIG. 7B. The head media 
modulation induced by micro-actuation is shown in FIG. 7C. The measured 



modulation determined by use of the dynamic harmonic ratio in accordance with 
the present invention, has peak-to-peak ampHtude of 0.099 micro inch that matches 
the modulation in the simulated readback signal. 

Another useful application of dynamic harmonic ratio is in measurement of 
5 thermal pole tip protrusion. As shown in FIGS. 8A-8C, before times zero, the head 
is heated to an elevated temperature by some method such as by turning on a writer 
current. At time zero, the heat source is removed, such as by tuming off the writer 
current, and dynamic harmonic ratio measurement starts, hi the simulation, 0.15 
micro inch thermal pole tip protrusion with 0.4 millisecond cooling time constant 

10 are applied to the readback signal. A noise level equal to 20 percent of the 
fundamental readback amplitude is also applied to the readback signal. The 
measured dynamic harmonic ratio captures the pole tip media spacing change 
during the cooling process. The thermal pole tip protrusion is measured as 0.15 
micro inch and that matches the original thermal pole tip protrusion applied to the 

15 readback signal. 

Although the present invention has been described with reference to 
preferred embodiments, workers skilled in the art will recognize that changes may 
be made in form and detail without departing from the spirit and scope of the 
invention. 
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